ABSTRACT. The paper describes beam steering algorithms for processing data from omnidirectional guided wave transducer arrays for the rapid inspection of plate structures. A basic phased addition algorithm is presented that can be applied to any array geometry, but which only produces acceptable results for arrays with a large number of elements. An improved algorithm that includes deconvolution in the angular domain is presented that enables good results to be obtained from arrays with far fewer elements. Both algorithms are applied to experimental data and the results compared.
INTRODUCTION
Much of the classical theoretical work on guided waves in plates is based on modeling wave propagation in a cross section through a plate in plane strain [1] . In such a system, the Lamb wave propagation direction is constrained to lie in the plane of the cross section and infinitely long straight wave fronts are assumed in the direction perpendicular to the cross section. This means that that the wavevectors of the Lamb waves are onedimensional (ID). Unfortunately the wavevectors of Lamb waves in a real plate are twodimensional (2D) as waves can propagate in any direction in the plane of the plate. In a carefully set up laboratory experiment where the location of structural features (i.e. plate edges, defects etc.) can be controlled, it is possible to simulate ID propagation. However, in a practical application where there is no a priori knowledge of the location of structural features, the fact that waves can be reflected off features in any direction becomes very important. The need to achieve directionality in 2D is at least as complex as achieving mode purity in this type of inspection task.
An array based approach to guided wave transduction is attractive as it allows flexibility in terms of both wavenumber selectivity [2] and directionality [3, 4] . This paper is concerned with processing the data from guided wave arrays that can transmit and receive guided waves selectively in any direction, hence the term omni-directional arrays.
The first part of this paper describes the generic features of an omni-directional guided wave array and how the data from it is acquired. This is followed by a description of a simple method of processing the data obtained from such an array based on phased addition in the wavenumber domain. The effectiveness of this approach is limited to arrays with a particular type of layout that require a large number of elements in order to achieve relatively modest directionality. For this reason, an enhancement to the basic algorithm is then demonstrated that enables arrays with far fewer elements to achieve the same level of directionality. The final part of the paper shows the application of both algorithms to real experimental data.
PRELIMINARIES

Array
The operation of an omni-directional guided wave transducer array on a flat isotropic plate is considered. The dispersion characteristics relating the angular wavenumber, k (m \ to angular frequency, co, of the guided wave mode of interest in the plate are known. The array contains n ma i transducer elements coupled to one surface of the plate. A polar coordinate system where r and 0 represent respectively radial and angular position is defined, with its origin at the nominal centre of the array. The array elements behave as point sources with equal transmission and reception sensitivity in all directions. In the array, n t elements function as transmitters and n r elements function as receivers. There is no requirement for the transmitters and receivers to be separate elements.
Acquisition of Raw Data Set in Wavenumber Domain
The operation of an array begins with the acquisition of a raw data set in the time, t, domain. A discretely sampled t domain signal is collected for each combination of transmitter and receiver in the array to yield a matrix, T, the same transmitted signal (typically a windowed toneburst) being used in all cases. The columns of T are the raw t domain signals, hence the number of columns is equal to the total number of transmitterreceiver pairs in the array, n t n r . Each column in T is then subjected to a fast Fourier transform (FFT) to yield a matrix S containing the complex spectra in the frequency, co, domain of the raw data set. Knowledge of the dispersion characteristics of the guided wave mode is used to interpolate the # domain spectra in S to obtain a matrix, W, of spectra at points equi-spaced in the wavenumber, k, domain. This enables the remainder of the algorithm to be performed in the k domain and implicitly allows the effect of guided wave dispersion to be compensated for [5] . For clarity, the rows in W are referred to by the subscript k, and the corresponding wavenumber as fe.
BASIC PHASED ADDITION ALGORITHM
Formulation
The algorithm uses phased addition in the k domain in order to achieve beam steering in each of ne equi-spaced steering angles, $,. The result of the phased addition algorithm is a matrix, A, in which the rows represent different wavenumbers, kk (as they also do in the W matrix), and the columns represent the different steering angles, <fo. The elements in A are calculated using the following expression:
7=1 where x pj represents the change in path length associated with the transmitter and receiver of the / h signal being translated onto a straight line through the center of the array and perpendicular to the steering direction. By trigonometry, it can be shown that % is given by:
where RCDJ and 0(7); are the polar coordinates of the transmitter of the / h signal in the raw data set and R^j and <&(/$/ are the polar coordinates of the receiver. To obtain the final output matrix, E, in the r-0 domain, the columns in A are subject to inverse fast Fourier transforms (IFFTs) in order to convert them from the k to the r domain. Prior to performing this transform, it is convenient to set the negative wavenumber components in A to zero, so that the amplitude of the elements in E is effectively a Hilbert envelope. In this way, the amplitude of reflected signals in the plate surrounding the array can be obtained by plotting the amplitude of the elements in E as a grayscale function of polar position.
Creation of a Simulated Data Set
The performance of a particular array layout and the subsequent processing algorithm is best investigated by simulating the response from a single idealised reflector. Making the a priori assumption that the array will behave omni-directionally, the ideal reflector is located in the 0-0° direction. It is assumed to be sufficiently remote from the array to allow the approximation that the transmitted and reflected waves to and from any pair of elements in the array are parallel. A suitable transmitted signal is specified and its spectrum calculated. For each transmitter-receiver pair, the path length to and from the reflector is calculated. Then, the dispersion data for the guided wave mode of interest is used to convert this to a phase shift for each frequency component of the input signal. The decrease in signal amplitude due to beam spreading is ignored, since only one reflector is being considered and its amplitude is irrelevant. Thus, a simulated received spectrum for each transmitter-receiver pair is formed hence yielding an S matrix, ready for processing.
Results for Two Example Array Layouts
Two example array layouts are considered to demonstrate the results of the basic phased addition algorithm and its limitations. The system considered is a 1 mm thick aluminium plate and the guided wave mode of interest is the So Lamb wave mode at a centre frequency of 1 MHz mm. At this frequency its wavelength, A& is 5.35 mm. Subsequent linear dimensions are expressed as multiples of AQ. The array layouts are shown in Figures l(a) and (b). The first (hereafter Type I) consists of a circular area densely populated with elements, whilst the second (hereafter Type II) consists of a single circular ring of elements. The diameter of both arrays is 2/?o (10.7 mm). Simulated data sets for both layouts are generated for the case of an idealised reflector located at a distance of 20/io (107 mm) from the array in the 0-0° direction. The basic phased addition algorithm is applied to both the data sets from the Type I and II arrays and the results (i.e. the Hilbert envelope of the E matrix) are shown in Figure 2 (a) and (b) respectively. The grayscale on these plots is logarithmic with a 40 decibel (dB) scale as shown in the figure.
Layout of (a) Type I and (b) Type II arrays. The Type I array produces a concentrated peak at the location of the reflector which is taken as the 0 dB reference amplitude. The angular extent of the signal from the reflector based on its -3 dB points is 18°. This measurement will be defined as the angular resolution of an array. The results from the Type II array that are shown in Figure 2 (b) exhibit a peak at the reflector location and many angular side-lobes over the -40 dB threshold that extend in all directions.
Discussion
The side-lobes around the signal from a large reflector that are created when data from a Type II array is processed using the basic phased addition algorithm create an annular dead zone in the output map within which it is exceedingly difficult to reliably see any smaller signals. For this reason, the results obtained from a Type II array using the basic phased addition algorithm are of little practical use in any situation where there are multiple reflectors present. Later it is shown that the angular resolution of an array of either type is governed by its overall diameter. Hence, there is a strong motivation for striving to improve the performance of Type II arrays since a Type II array of a particular diameter requires fewer elements than a Type I array of the same diameter. This leads to the enhancement of the basic phased addition algorithm described in the following section.
PHASED ADDITION ALGORITHM WITH ANGULAR DECONVOLUTION
Creation of Reference Signal
The principle of the improved data processing described in this section is to deconvolve (in the 9 domain) the actual results obtained from the basic phased addition algorithm with the results obtained from a simulated data set for a single reference reflector. To do this, a reference matrix, N, is created at the same time as the A matrix is created from the raw data set. The N matrix contains simulated information from a single reference reflector in the 0 = 0° direction. The terms in N are calculated by:
where the second exponential is the identical phase shift term to that applied in Eq. 1 and the first term represents the relative phase of a signal that would be received from a reference reflector in the 0° direction. The relative path length, y p j, in this term is therefore given by:
The columns of the A and N matrices represent steering angles, $,, in the 8 domain. In order to deconvolve the data in A with that in N, row-wise FFTs of both matrices are performed in order to transform the data from the # domain into what will be referred to as the angular-order, Q, domain. The transformed matrices of A and N are B and O respectively.
Deconvolution and Filtering
The next stage of the processing is to divide the data in B element-wise by that in O in order to perform the deconvolution. However, it is first instructive to consider the structure of matrix, O. This matrix indicates the sensitivity of the array to different £l-k combinations, and as such is a fundamental property of the array. The amplitude of the (complex) elements in O for Type I and Type II matrices of the same radius are shown in Figures 3(a) and (b) . The matrices have four quadrants with a plane of conjugate symmetry about k = 0 and a plane of symmetry about Q = 0. Within each quadrant it can be seen that the largest amplitude elements for both types of array are contained in regions of a roughly triangular shape, bounded by the Q = 0 line and a straight line through the origin. The very small or zero amplitude elements in O outside these regions are k-£l combinations about which the array cannot provide information. The shape of the triangular regions of useful data indicate that at higher values of A: an array has information for higher values of Q and hence has potentially better angular resolution. This is consistent with the results discussed below that indicate, as expected, an improvement in angular resolution as the radius to wavelength ratio is increased. It can also be seen from Figures 3(a) and (b) that the size of the triangular regions for both types of array are roughly the same. This is an important point as it indicates that a Type II array has access to the same amount of &-Q information as a Type I array of the same diameter.
The element-wise division of B by O yields another matrix, C. Where the elements in O are of very small amplitude, the division causes amplification of the corresponding elements in B that contain very little information and which, in practice, are noise dominated. For this reason it is necessary to supplement the division with a filtering operation on the elements in C to suppress data at points outside the useful regions in O.
Since an ideal response in the 0 domain is a Gaussian peak, a Gaussian filter is employed in the Q domain. Furthermore, the amount of Q information increases with k hence the width of the Q domain Gaussian filter should also increase with k in order to maximise the amount of information obtained from the array. This leads to the concept of a filter matrix, F, of the same dimensions as C, in which the rows again correspond to k and the columns to Q. Each row in F is a Gaussian window with its centre at Q = 0 and its width proportional to k. A suitable filter matrix for the O matrices shown in Figures 3(a) and (b) is shown in Figure 3(c) . C is multiplied, element-wise, by F in order to yield a new matrix, D, that contains deconvolved and filtered data in the k-Q, domain. Finally D is subjected to an inverse 2-dimensional fast Fourier transform (I2DFFT) to map the data from the k to the r domain and from the Q to the # domain, hence yielding the final output matrix, E.
Example Application to a Type II Array
The result of applying the deconvolution algorithm to simulated data from the Type II array considered previously is shown in Figure 4 . It can be seen that there are now no side-lobes, and the angular resolution is 14° compared to the angular resolution of 18°t hat was obtained from the Type I array of the same diameter by the basic phased addition algorithm shown in Figure 2(a) .
Performance Comparison for Type I and Type II Arrays
The angular resolution of both Type I and Type II arrays has been modelled as a function of array diameter (expressed as a multiple of /to) using simulated data from an ideal reflector in the manner described previously. The basic phased addition algorithm is used to process the data from Type I arrays and the phased addition algorithm with deconvolution is used to process the data from Type II arrays. The results from this study are shown in Figure 5 (a) and illustrate that, as expected, the angular resolution for both types of array improves as the radius to wavelength ratio increases.
Although it is not considered here, there is a maximum inter-element spacing requirement in an array that must be adhered to in order to prevent the appearance of spurious signals due to grating lobes. Empirically, it has been found that for Type I arrays, this maximum spacing is approximately equal to /tmm/2, where /Imm is the shortest wavelength of guided waves within the frequency range of the transmitted signal. This rule has been adhered to in the production of Figure 5 (a) and the resulting number of elements in the array is shown in Figure 5 (b). The number of elements required in a Type II array of the same radius and assuming the same maximum inter-element spacing rule is also shown. Clearly the number of elements in a Type I array increases as the square of the radius whereas the number of elements in a Type II array increases linearly with array radius. (a) The angular resolution (based on -3 dB points) as a function of array diameter to centre wavelength, ^o, ratio that can be obtained from a Type I and Type II arrays, (b) The corresponding number of elements required in Type I and Type II arrays as a function of array diameter to centre wavelength, AO, ratio.
EXPERIMENTAL EXAMPLE
The experimental example considered is an array containing 16 transmitter elements and 32 receiver elements arranged in concentric rings with pitch circle diameters of 52 and 136 mm, as shown in Figure 6 (a). The elements are pancake coil EMATs designed to excite and detect the So Lamb wave mode in metallic plates up to 10 mm thick [6] . The transmitting EMATs were driven with a bespoke power amplifier capable of outputting a voltage of 200 V p-p and sourcing a peak current of several hundred amps. The transmitted signal used was a 5 cycle Manning windowed toneburst with a centre frequency of 150 kHz. This was routed to each of the 16 transmitting elements in turn using an automatically controlled array of relays. The 32 receiving EMATs were connected to a bespoke parallel amplification and digitising instrument that enabled data from all 32 channels to be sampled simultaneously and uploaded to a controlling computer via a 10 BaseT network connection. The time taken to collect the data from all 512 transmitter-receiver combinations was approximately 30 seconds. For this example, the array was used on a 1.05 m by 1.25 m by 5 mm thick aluminum plate specimen with square cut edges, at the location shown in Figure 6(b) . On a sample such as this, the main reflectors are the edges of the plate and for this reason a 20 mm diameter, 2 mm thick steel disk was also bonded to the surface of the plate at the location shown to simulate a defect providing a smaller reflection. The data acquired from the array was imported into Matlab software and processed with both the basic phased addition algorithm and the phased addition with deconvolution algorithm. The results of this are shown in Figures 6(c) and (d) respectively. Note that the dynamic range of the output map is 35 rather than the 40 dB used elsewhere. This is purely to prevent small signals due to experimental noise obscuring the larger signals of interest. From the test location, reflections from the three nearest plate edges are visible as well as the reflections from the lower left corner and the bonded steel disk. It can be seen that the phased addition with deconvolution algorithm successfully compresses the data in the angular domain to produce discrete signals from the various reflectors, thus demonstrating the practical application of the technique to real experimental data.
